Abstract
INTRODUCTION
Automatic Speech Recognition (ASR) is a technology that transforms human speech to a symbolic representation. Recognizer performs the transformation with the goal that it can handle spontaneous speech from any speaker in any environment.
The speech waveform produced by a speaker is transmitted over some channel before it reaches the recording device, and the channel disturbs the original speech signal. Most of the channel normalization techniques either deal with channel transfer characteristics or additive noise. Study reveals that different channel normalization techniques have been developed to minimize the effects of channel noises in general on speech recognition systems. This paper focuses on three channel normalization techniques Cepstral Mean Normalization, Spectral Subtraction and Weiner filtering for reduction of noise in speech signals. The techniques are summarized in table 1. [9 ] . In this method it is assumed that SNRpost=SNRprior +1 [10] .  Noise present in the signal is reduced by comparison with an estimate of the desired clean signal with that of noisy speech signals. [11, 12] . This estimate is obtained by minimizing the Mean Square Error (MSE) between the desired signal and the estimated signal [11] . 
_______________________________________________________________________________________

EXPERIMENTAL RESULTS
The setup to analyze the various algorithms to determine the suitability of the techniques in speech systems has been implemented in MATLAB. Results of seven samples have been discussed here. The seven speech signals are represented as case 1 to case 7 respectively. Testing data is with additive noise.
Preprocessing Step
The speech signals are analyzed in short time segments, referred as analysis frames [13] . Processing of only voiced speech signals is important. The input signals must be first classified as voiced or unvoiced. Voice activity detection (VAD) algorithm detects the presence of human speech in the signal In VAD algorithms, the parameters used for speech detection are based for voiced /unvoiced classification zero-crossing rate and short time energy [14] .
Zero-crossing analysis is a simple kind of voice timedomain analysis. Considering audio data as discrete signals Zero crossing is said to occur if successive samples have different algebraic signs. The rate at which zero crossings occur is the measure of the frequency content of a signal. Zero-crossing rate is the number of times that the sample changes the symbols. Zero-crossing rate is a measure of number of times in a given time interval/frame that the amplitude of the speech signals passes through a value of zero. The zero-crossing rate is one of the useful parameter for estimating whether speech is voiced or unvoiced [15] .
Energy provides a representation that reflects the amplitude variations. The amplitude of the speech signal varies with time. The amplitude of unvoiced speech segments is much lower than the amplitude of voiced segments. The energy of the speech signal provides a representation that reflects these amplitude variations [16] .
To classify input speech signals as voiced or unvoiced signals Voice activity detection algorithm is applied to each of the case samples. The results of pre-processing step are recorded in table 2. The energy plot and zero crossing plot for case1 is shown in figure below. 
Cepstral Mean Normalization
All Cepstral features were mean normalized and normalization scheme were performed on the full utterance. Signal to noise ratio (SNR), which is the measure of signal strength relative to background noise of original voiced speech segment is computed. CMN is applied to it and again SNR is computed. Results are tabulated in table 3 and also in comparative chart 1. 
Spectral Subtraction
SNR of original noisy voiced speech segment is computed.
Spectral subtraction is applied to it and SNR is again computed. Results are tabulated in table 4 and depicted in chart 2. Spectral subtraction estimates the clean speech spectrum by subtracting the estimated additive noise spectrum from the noisy speech spectrum. 
Weiner Filer
Weiner filtering is the most basic approach used for reducing the noise from the signal. Signal to noise ratio, is estimated before and after filtering signal. Table 5 and chart 3 shows the results of Weiner filtering. 
ANALYSIS
